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AMENDMENTS TO THE CLAIMS 

Claims 22-60 are now pending in the Application. Claims 22-53 and 55-60 were 
rejected, and claim 54 was objected to, in the Office action mailed March 27, 2006. Claim 27 is 
cancelled, claims 22, 32, 33, 44, 52, 55 and 60 are amended, and new claims 61-72 are added in 
this reply. Claims 22, 32, 33, 44, 52, 55, 60-62 and 68 are independent claims. Claims 23-26 
and 28-31, 34-43, 45-51, 53-54, 56-59, 63-67 and 69-72 depend, respectively, from independent 
claims 22, 33, 44, 52, 55, 62 and 68. 

Listing of Claims: 

Claims 1-21 (Canceled). 

Claim 22. (Currently amended) A method for processing voice for communication via a 
communication network having variable propagation delays comprising: 
receiving digitized voice data packets; 

depacketizing the received digitized voice data packets; 

after depacketizing, buffering the received digitized voice data for an adjustable buffer 
time to delay reproduction of the voice; 

determinin g measuring a propagation delay; and 

adjusting the buffer time in accordance with the determined measured propagation delay. 

Claim 23. (Previously Presented) A method as recited in claim 22 wherein the buffer 
time is adjusted based on a round trip propagation time. 

Claim 24. (Previously Presented) A method as recited in claim 22 wherein the 
propagation delay is determined from a received packet. 

Claim 25. (Previously Presented) A method as recited in claim 22 wherein the buffer 
time is a calculated delay. 
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Claim 26. (Previously Presented) A method as recited in claim 22 wherein the buffer 
time is adjusted based on a propagation time of a test packet. 

Claim 27. (Cancelled) 

Claim 28. (Previously Presented) A method as recited in claim 22 wherein the buffer 
time is adjusted once per a call. 

Claim 29. (Previously Presented) A method as recited in claim 22 wherein the buffer 
time is adjustable more than once per a call. 

Claim 30. (Previously Presented) A method as recited in claim 22 wherein the 
propagation delay is determined during a call set up. 

Claim 31. (Previously Presented) A method as recited in claim 22 wherein the 
propagation delay is determined prior to the receipt of the digitized voice packets. 

Claim 32. (Currently amended) A method for processing voice for conmiunication via a 
communication network having variable propagation delays comprising: 
receiving digitized voice data packets; 

depacketizing the received digitized voice data packets; 

after depacketizing, buffering the received digitized voice data for an adjustable buffer 
time to delay reproduction of the voice; 

detecting an error in the buffer time; and 

« 

adjusting the buffer time in response to [[a]] tiie detected error. 
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Claim 33. (Currently amended) A method for processing voice for conmiunication via a 
communication network having variable propagation delays comprising: 

receiving digitized voice data packets, each voice data packet having a group identifier; 

buffering received digitized voice data for an adjustable buffer time to delay the 
reproduction of the voice data of the first received voice packet of a group for at least the buffer 
time, in response to a change in the group identifier : and 

adjusting the buffer time. 

Claim 34. (Previously Presented) A method as recited in claim 33 including determining 
a propagation delay and adjusting the buffer time in accordance with the propagation delay to 
prevent gaps in the voice reproduced from voice data packets associated with the same group. 

Claim 35. (Previously Presented) A method as recited in claim 34 wherein the buffer 
time is adjusted based on a round trip propagation time. 

Claim 36. (Previously Presented) A method as recited in claim 34 wherein the 
propagation delay is determined from a received packet. 

Claim 37. (Previously Presented) A method as recited in claim 34 wherein the buffer 
time is a calculated delay. 

Claim 38. (Previously Presented) A method as recited in claim 34 wherein the buffer 
time is adjusted based on a propagation time of a test packet. 

Claim 39. (Previously Presented) A method as recited in claim 34 wherein the buffer 
time is adjusted once per a call. 

Claim 40. (Previously Presented) A method as recited in claim 34 wherein the buffer 
time is adjustable more than once per a call. 
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Claim 41. (Previously Presented) A method as recited in claim 34 wherein the 
propagation delay is determined during a call set up. 

Claim 42. (Previously Presented) A method as recited in claim 34 wherein the 
propagation delay is determined prior to the receipt of the digitized voice packets. 

Claim 43. (Previously Presented) A method as recited in claim 33 including detecting an 
error in the buffer time and adjusting the buffer time in response to a detected error. 

Claim 44. (Currently amended) A method for processing voice for conmiunication via a 
conununication network having variable propagation times between a source and a destination 

comprising: 

receiving digitized voice data packets; 

buffering depacketized digitized voice data for an adjustable buffer time to delay 
reproduction of the voice; 

measuring propagation times between the source and the destination; 

determining variations in the measured propagation times between the source and 
destination; and 

adjusting the buffer time in response to variations in propagation times. 

Claim 45. (Previously Presented) A method as recited in claim 44 wherein the buffer 
time is adjusted once per a call if necessary when variations in propagation times between the 
source and the destination are slow. 

Claim 46. (Previously Presented) A method as recited in claim 44 wherein the buffer 
time is adjustable more than once per a call. 

Claim 47. (Previously Presented) A method as recited in claim 44 wherein the buffer 
time is adjusted based on a round trip propagation time. 
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Claim 48. (Previously Presented) A method as recited in claim 44 wherein the 
propagation delay is determined from a received packet. 

Claim 49. (Previously Presented) A method as recited in claim 44 wherein the buffer 
time is a calculated delay. 

Claim 50. (Previously Presented) A method as recited in claim 44 wherein the buffer 
time is adjusted based on a propagation time of a test packet. 

Claim 51. (Previously Presented) A method as recited in claim 44 including 
depacketizing the voice data packets and wherein the buffering occurs after depacketization. 

Claim 52. (Currently amended) A method for processing voice for a device capable of 
wireless internet protocol conmiunications over a network comprising: 
receiving a voice stream; 

digitizing the voice stream to provide digital voice data; 
compressing the digital voice data; 

packetizing the digital voice data according to an internet protocol for conmiunication 
over the network; 

transmitting via wireless conmiunication the digital voice data packets; 

receiving digital voice data packets conmiunicated over the network; 

converting the received digital voice data packets to a voice stream; and 

buffering, for a buffer time, depacketized digital voice data before converting the digital 
voice data to a voice stream, the buffer time being adjustable to acconunodate variations in 
propagation times over the networ k: and 
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wherein the buffer time is based upon a period of time between sending a test packet to 
the origin of received digital voice data packets, and receiving a corresponding response packet 
from the origin of the received digital voice data packets . 

Claim 53. (Previously Presented) A method as recited in claim 52 wherein the 
packetizing includes adding a group identifier to each digital voice data packet. 

Claim 54. (Previously Presented) A method as recited in claim 53 includes monitoring 
the received voice stream for a lack of voice for a minimum period of time; and adding a 
different group identifier to a voice stream with voice that is subsequent to the lack of voice for 
the minimum period of time. 

Claim 55. (Currendy amended) A system for processing voice for transmission over a 
network having variable propagation delays comprising: 

conversion circuitry for converting an analog voice stream to digital voice data and for 

converting digital voice data to an analog voice stream for the reproduction of voice; 

a processing circuit for managing the packetization of the digital voice data to provide 
digital voice data packets and for managing the depacketization of digital voice data packets; and 

a buffer for buffering digital voice data after depacketization, the processing circuit 
directing delivery of the buffered digital voice data to the conversion circuitry after a delay that 
is adjustable by the processing circuit to acconmiodate variations in packet propagation delays 
over the networ k: and 

wherein the delav is based upon a period of time between the processing circuit sending a 
test packet to the origin of received digital voice data packets, and receiving a corresponding 
response packet from the origin of the received digital voice data packets . 
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Claim 56. (Previously Presented) A system as recited in claim 55 wherein the 
conversion circuitry compresses and decompresses the digital voice data. 

Claim 57. (Previously Presented) A system as recited in claim 55 wherein the 
processing circuit delays the delivery of buffered digital voice data to the conversion circuitry 
until the buffer contains sufficient data to prevent a gap in the reproduced voice. 

Claim 58. (Previously Presented) A system as recited in claim 55 wherein the 
processing circuit packetizes the digital voice data according to an internet protocol. 

Claim 59. (Previously Presented) A system as recited in claim 55 wherein the system 
includes a transmitter and receiver for wireless conmiunication of digital voice packets. 

Claim 60. (Currently amended) A system for processing voice for transmission over a 
network having variable propagation delays comprising: 

a transmitter and receiver for wireless conmiunication; 

conversion circuitry for converting an analog voice stream to digital voice data and for 
converting digital voice data to an analog voice stream for the reproduction of voice; 

a processing circuit for managing the packetization of the digital voice data to provide 
digital voice data packets and for managing the depacketization of digital voice data packets, the 
processing circuit packetizing the digital voice data according to an internet protocol;-aftd 

a buffer for buffering digital voice dat a after depacketization , the processing circuit 
directing delivery of the buffered digital voice data to the conversion circuitry after a delay that 
is adjustable by the processing circuit to acconmiodate variations in packet propagation delays 
over the networ k: and 

wherein the delav is based upon a period of time between the processing circuit sending a 
test packet to the origin of received digital voice data packets, and receiving a corresponding 
response packet from the origin of the received digital voice data packets . 
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Claim 61. (New) A method for processing voice for a device capable of wireless internet 
protocol conmiunications over a network comprising: 
receiving a voice stream; 

monitoring the received voice stream for a lack of voice for a minimum period of time; 
adding a different group identifier to a voice stream with voice that is subsequent to the 
lack of voice for the minimum period of time; 

digitizing the voice stream to provide digital voice data; 
compressing the digital voice data; 

packetizing the digital voice data according to an internet protocol for communication 
over the network, wherein the packetizing includes adding a group identifier to each digital voice 
data packet; 

transmitting via wireless communication the digital voice data packets; 

receiving digital voice data packets conmiunicated over the network; 

converting the received digital voice data packets to a voice stream; and 

buffering, for a buffer time, depacketized digital voice data before converting the digital 
voice data to a voice stream, the buffer time being adjustable to accommodate variations in 
propagation times over the network. 

Claim 62. (New) One or more circuits for use in a portable communication device, the 
one or more circuits comprising: 

at least one radio frequency interface for transmitting and receiving over a wireless 

spread spectrum network; and 

at least one processor operably coupled to the at least one radio frequency interface, the at 

least one processor operable to, at least: 
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receive digitized voice data packets over the wireless spread spectrum network; 

buffer received digitized voice data for an adjustable buffer time to delay 
playback of received digitized voice data; 

detect an error in the buffer time, wherein an error in buffer time is detected when 
received digitized voice data is unavailable for playback; and 

adjusting the buffer time in response to the detected error. 

Claim 63. (New) The one or more circuits of claim 62, wherein the at least one processor is 
further operable to, at least: 

determine a propagation delay between the source of digitized voice data packets and the 

portable communication device; and 

wherein an error in buffer time is detected when the buffer time is less than the 
determined propagation delay. 

Claim 64. (New) The one or more circuits of claim 63, wherein the propagation delay is 
determined during call setup prior to the exchange of digitized voice data packets. 

Claim 65. (New) The one or more circuits of claim 63, wherein the propagation delay is 
determined during the same period of time as the exchange of digitized voice data packets. 

Claim 66. (New) The one or more circuits of claim 63, wherein the at least one 
processor determines propagation delay by, at least: 

transmitting a test packet to a source of digitized voice data packets; 

receiving a response to the transmitted test packet from the source of digitized voice data 
packets; and 

calculating a propagation delay using the transmitted test packet and the received 
response packet. Claim 67. (New) The one or more circuits of claim 62, wherein the portable 
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communication device transmits and receives digitized voice data packets over the wireless spread 
spectrum network within periodic non-overlapping time periods using a direct sequence spread 
spectrum technique. 

Claim 68. (New) One or more circuits for use communicating digitized voice data over a 
wireless packet network, the one or more circuits comprising: 

at least one radio frequency interface for transmitting and receiving over the wireless 

packet network; and 

at least one processor operably coupled to the at least one radio frequency interface, the at 
least one processor operable to, at least: 

determine a propagation delay between a source of digitized voice data packets 
and the at least one processor; 

receive digitized voice data packets from the source over the wireless packet 
network; 

buffer the received digitized voice data for an adjustable buffer time to delay 
playback of received digitized voice data; 

adjust the buffer time in accordance with the determined propagation time; and 
convert the buffered digitized voice data to a voice stream. 

Claim 69. (New) The one or more circuits of claim 68, wherein the at least one processor is 
further operable to, at least: 

detect an error in the buffer time, wherein an error in the buffer time is detected when 

digitized voice data is unavailable for conversion. 

Claim 70. (New) The one or more circuits of claim 68, wherein the propagation delay is 
determined during call setup prior to the exchange of digitized voice data packets. 
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Claim 71. (New) The one or more circuits of claim 68, wherein the propagation delay is 
determined during the same period of time as the exchange of digitized voice data packets. 

Claim 72. (New) The one or more circuits of claim 68, wherein the at least one 
processor determines propagation delay by, at least: 

transmitting a test packet to the source of digital voice data packets; 

receiving a response to the transmitted test packet from the source of digital voice data 

packets; and 

calculating a propagation delay using the transmitted test packet and the received 
response packet. 
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